Abstract: Digital signal processing (DSP) circuits are extremely important in computing and communications areas. One application of DSP is a Finite impulse response (FIR) filter. The principle objective of this exploration is to present a methodology for an upgraded framework of a FIR digital filter from software level to the hardware level. It includes the selection of design method, structure and cost effective hardware utilization. Theoretical and experimental results performed FIR band pass filter suggests that the window design method is relatively simple and easy to use because of the availability of well-defined equation. Comparison presented that Kaiser window gives the minimum main-lobe width and a sharp cut-off which means this window has less transition width and the study showed that the Direct-Form structure approach is simpler and offers a better performance than other common filter structures. It results in low cost, reduced area and more robust to withstand the quantization errors. For efficient hardware realization, the paper investigates the impacts of quantization on frequency response by progressively diminishing the quantity of bits in every coefficient using an iterative algorithm to a level where its frequency response matches to the novel requirements. Experimental study of coefficient quantization uncovers a connection between the quantity of bits, number of coefficients and the frequency response that consequence in reduced area and better speed. The synthesis results show that the discussed technique can substantial help in lessening the equipment assets. Computer aided design (CAD) tools are used to implement the design by adopting the behavioural level design method.
PUBLIC INTEREST STATEMENT
Digital filters are incredibly powerful, but easy to use. In fact, this is one of the main reasons that digital signal processing DSP has become so popular it offers number of advantages over analog signal processing (ASP). Well ideally the application is defined for the signal you are trying to process. It can be anything from audio, video, sensor output, data from the web, in short and simple words any sort of information. So, processing it means making the information understandable.
Digital filter
A digital filter is a system that performs mathematical operations on a sampled, digitized signal to reduce or enhance certain features of the processed signal. Digital filter scheme consists of a prefilter or anti-aliasing filter to perform filtering of an input signal using a low pass filter. This is required to restrict the bandwidth of a signal to satisfy the sampling theorem. An interface is needed between the analog signal and the digital filter, this interface is known as analog-to-digital converter (ADC). After the process of sampling and converting, a digital signal is ready for further processing using an appropriate digital signal processor. The output signal that is digitized is usually changed back into analog form using digital-to-analog converter (DAC). The digital filtering process is shown in Figure 1 (Alam & Gustafsson, 2014) .
Digital filter is a major topic in the field of digital signal processing (DSP). Over the past few years the field of DSP has become so popular both technologically and theoretically. The major reason for its success in the industry is due to the use of the low cost and development of software and hardware. Applications of DSP are mainly the algorithms that are implemented either in software using interactive software like MATLAB or a processor. In high-bandwidth applications FPGA, ASIC or a specialized digital signal processor are used for expediting operations of filtering. Digital filters are preferably used because they eliminate several problems associated with analog filters. There are two fundamental types of digital filters: Finite Impulse Response (FIR) and Infinite Impulse Response (IIR) (Tian, Li, & Li, 2013) .
FIR filters
FIR filters also known as non-recursive digital filters have a finite impulse response because after a finite time the response of FIR filter settles to zero. Block diagram of FIR filter is shown in Figure 2 .
The basic structure of FIR filter consists of adders, multipliers and delay elements as shown in Figure 3 .
The difference equation of nth order digital filter (FIR) can be represented as: 
The transfer function H(z) is given as:
where X(z) is the filter's input and Y(z) is the filter's output. In realization, a given transfer function is used to convert into a suitable filter structure (Xu, Yin, Qin, & Zou, 2013) .
The main advantages of the FIR filter design over their IIR equivalents are the following:
(1) FIR filters with exactly linear phase can easily be designed.
(2) There exist computationally efficient realizations for implementing FIR filters.
(3) FIR filters realized non-recursively are inherently stable and free of limit cycle oscillations when implemented on a finite-word length digital system.
(4) Excellent design methods are available for various kinds of FIR filters with arbitrary specifications.
(5) Design and noise issues are less complex than IIR filter (Rabiner, Kaiser, Herrmann, & Dolan, 1974) .
Design stages of digital filters
Design of a digital filter involves the following five steps:
(1) Filter specification These five stages are interlinked as shown in Figure 4 .
In first stage the required specifications of the FIR filter are defined. Whereas, in second stage window method is selected because it offers a simple and flexible way of calculating the FIR filter coefficient; due to its well-defined equations.
Filter designing
Filter designing and analysis tool (FDATool) is used for designing the digital filters. It is a powerful user interface for scheming and analyzing the filter's behavior quickly in signal processing. It is used to realize quantized direct-form FIR filters Simulink model (Siauw & Bayen, 2014) .
To analyze the behavior of FIR digital filter, different window functions are used by using the specifications as shown in Table 1 .
Magnitude and phase responses of a 15th order digital band pass filter using Hanning, Hamming, Blackman and Kaiser window functions are observed and investigated as shown in Figures 5-8 (Jieshan & Shizhen, 2009) . Table 2 shows the brief comparison among different window functions that are used in designing.
Using the above comparison, it is analyzed that the Kaiser window is more reliable and result in high gain. Generally, the width of the main-lobe determines the transition bandwidth, while the relative heights of the side-lobes control the size of the ripples in the amplitude response. There is a bargain between main-lobe width and a height of side-lobe; in other words, both quantities cannot be reduced at the same time. Calculations show that the Kaiser window gives the minimum normalized transition width of main-lobe i.e. 0.11719 and a sharp cutoff which means this window has less transition width and introduces more ripple. This window gives simple and fast results (Patel, Kumar, Jaiswal, & Saxena, 2013 ).
Hardware realization
As the focus of this research work is to minimize the hardware implementation cost. For this, the effects of quantization by varying the number of quantization bits and analyzing the corresponding frequency responses are observed (Mehboob, Khan, & Qamar, 2009) . A 15th-order band pass filter using Kaiser window is realized as double precision floating point implementation (see Figure 4) converted to a quantized filter. Float-to-fixed point conversion is required to target ASIC and fixedpoint digital signal processor core which will lessen the truncation and calculation complexity. The number of quantization bits are reduced from 16-3 using an iterative algorithm and keeping the frequency response exactly within limits. The frequency response of the filter without quantization is shown in Figure 9 .
For low area requirement coefficients of a filter are converted to a fixed point numeric representation by quantizing at [16, 15] , [8, 7] , [6, 5] and [3, 2] . Where the numbers 16, 8, 6, and 3 shows the input word length or quantizing bits and the numbers 15, 7, 5, and 2 depicts the input fraction length. Quantized frequency response plots of FIR band pass filter are shown from Figures 10-13 (Beyrouthy & Fesquet, 2011) . It is observed that even if the number of bits reduced to less than half of the original 16 bits, the resulting filter response has no significant change. By doing further analysis, more reduction in the quantization bits still produces no detectable deteriorating effect in the pass band, but the damage start begins in stop band attenuation and the transition band width of the filter's frequency response (Table 3 ). The asset use regarding essential (Gates) components utilized is observed to be least for the proposed BPF3. The filter with the most favorable number of quantized bits is then converted to VHDL. The Simulink model of a designed filter is shown in Figure 14 .
Coefficients of a direct-form band pass FIR filter are shown in Figure 15 .
Designing of a filter is done using a Hardware Description Language (HDL) code. Following tools are used for the implementation of BPF (Navaid, Raaziyah, Rajesh, & Sandeep, 2013 ):
• ModelSim 6.5b for simulation.
• Leonardo Spectrum Level 3 for synthesis.
• Mentor's Pyxis Custom IC Design Platform is used for design capture to schematic-driven layout. The custom integrated circuit or ASIC design flow chart is shown in Figure 16 .
HDLs offer advantages in designing the complex circuits using the top down approach and one can verify the functionality of the design early (Nekoei, Kavian, & Strobel, 2010) . Behavioral level simulation of BPF is shown in Figure 17 .
After verifying the behavior, the filter's VHDL code is synthesized into a gate level netlist and represents a new structural VHDL schematic (Fuller, 2007) . The Leonardo Spectrum Level 3 is used to generate the filter top module as shown in Figure 18 .
The technology TSMC 0.35 μ is selected to generate the RTL schematic that can be viewed as a gate-level schematic. The complete RTL schematic of a BPF is shown in Figure 19 . The Leonardo Spectrum is used to provide a Technology schematic that can be viewed as an architecture-specific schematic. This schematic is generated after targeting the technology in the synthesis process. It shows the design in terms of logic elements optimized to the target device or technology. The view technology schematic of the designed filter is shown in Figure 20 . The Mentor's Pyxis IC platform simulation is performed and shown in Figure 21 .
The Pyxis Layout provides a fast and flexible environment. An automated layout generated after performing the function of floor planning and the function of placing and routing is shown in Figure 22 .
Conclusion
FIR filters are extensively used in wired, wireless communications, video, audio processing and handheld devices are preferred because of their stability and linear phase properties. This paper presents a novel design methodology for an optimized FIR digital filters from software level to the hardware level. The main goal is to encompass all the fields that are used in the efficient hardware realization of filters i.e. design method, selection of structure and the algorithm to reduce the arithmetic complexity of FIR filtering.
Theoretical and experimental result suggests that the Kaiser window gives the minimum mainlobe width i.e. 0.11719 and a sharp cutoff which means this window has less transition width, and the study showed that the direct-form structure approach is simpler, more robust to withstand the quantization errors, low cost and offers better performance than other common structures. Proposed optimized filter implementation using an appropriate quantization scheme results in reducing arithmetic complexity, area and hardware resources. Comparison revealed that the optimized filter implementation is requiring 42% less hardware resources than the normal filter implementation. 
